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[Abstract] 

PROBLEM TO BE SOLVED: To provide a noise suppressor, in a speech 
10 communication system and a speech recognition system used in 
various noise environments , which can suppress a noise to such 
a low level that is aurally desirable and whose quality is not 
much degraded even under high noise levels. 

SOLUTION: The noise suppressor comprises a time/ frequency 
15 transforming means 2 which subjects an input signal to frequency 
analysis for each frame and transforms the signal to an amplitude 
spectrum and a phase spectrum, a noise-level analyzing means 3 
which determines which level of a noise the input signal frame 
includes, an average noise spectrum updating and holding means 
20 4 which updates and holds an average noise spectrum using the 
amplitude spectrum of the frame based on the result of 
determination output from the noise-level analyzing unit 3, an 
aural weight computing means 6 which computes a plurality of aural 
weights to aurally weight the spectrums, an SN ratio calculating 
25 means 5 which calculates an SN ratio from the amplitude spectrum 
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and the average noise spectrum, an aural weight control means 
7 which controls the plurality of aural weights with the SN ratio, 
a spectrum subtracting means 8 which multiplies the average noise 
spectrum by the aural weight that is output from the aural weight 
5 control means and subtracts the multiplied weight from the 
amplitude spectrum, a spectrum suppressing means 9 which 
multiplies the spectrum without noise that is obtained through 
the spectrum subtracting means by another, aural weight that is 
output from the aural weight control means, and a frequency/ time 
10 transforming means 10 which transforms the result of output of 
the spectrum suppressing means to a time-axis signal. 
SELECTED FIGURE: FIGURE 1 
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NOISE SUPPRESSION APPARATUS 

FIELD OF THE INVENTION 

The present invention relates to a noise suppression 
5 apparatus for use in a system, such as a voice communication 
system or a voice recognition system used in various noise 
circumstances, for suppressing noises, other than an object 
signal . 

10 BACKGROUND OF THE INVENTION 

A noise suppression apparatus for suppressing non-object 
signals, for example, noises superimposed on voice signals is 
disclosed, for example, in Japanese Patent Application 
Laid-Open (JP-A) No. 8-221093. The theoretical grounds of the 

15 apparatus disclosed therein is the so-called Spectral 
Subtraction Method (SS method) , which focuses on the amplitude 
spectrum. This method is introduced in document 1 (Steven F. 
Boll, "Suppression of Acoustic noise in speech using spectral 
subtraction" , IEEE Trans. ASSP, Vol. ASSP-27, No. 2, April 

20 1979). 

The conventional noise suppression apparatus disclosed 
in JP-A No. 8-221093 is explained below, referring to Fig. 13. 
In Fig. 13, reference numeral 101 denotes a framing processing 
unit, 102 denotes a windowing processing unit and 103 denotes 
25 a Fast Fourier Transformation processing unit. Reference 




numeral 104 denotes a band dividing unit, 105 denotes a noise 
estimation unit, 106 denotes an NR value calculation unit, 107 
denotes an Hn value calculation unit, 108 denotes a filter 
processing unit , 109 denotes a band conversion unit , 110 denotes 
5 a spectrum correction unit. 111 denotes an inverse Fast Fourier 
Transformation processing unit, 112 denotes an overlap adding 
unit, 113 denotes a voice signal input terminal, 114 denotes 
a voice signal output terminal, and 115 denotes an output signal 
terminal. Inside the noise estimation unit 105, reference 

10 numeral 121 denotes an RMS calculation unit, 122 denotes a 
relative energy calculation unit, 123 denotes a maximum RMS 
calculation unit, 124 denotes an estimated noise level 
calculation unit, 125 denotes a maximum SNR calculation unit 
and 126 denotes a noise spectrum estimation unit. 

15 The principle of the function of the conventional noise 

suppression apparatus will be explained below. 

An input voice signal y [t ] , which includes a voice signal 
component and a noise component is input into the voice signal 
input terminal 113. The input signal y [t] is a digital signal, 

20 which has been sampled under a sampling frequency FS, for 
example. Then, the signal is sent to the framing processing 
unit 101 so as to be divided into frames, each of which has a 
frame length of FL . Thereafter the signal processing is carried 
out frame by frame. 

25 Prior to the calculation in the Fast Fourier 



; Transformation processing unit 102, each of the framed signal 
Yframe [ J / k ] sent from the framing processing unit 101 is windowed 
in the windowing processing unit 102 . Here j denotes a sampling 
number and k denotes a frame number. 
5 The signal suffers, for example, a 256 points Fast Fourier 

Transformation in the Fast Fourier Transformation unit 103. 
The values of the obtained frequency spectrum amplitude are 
divided into, for example, 18 bands in the band dividing unit 
104. The band divided input signal spectrum Y [w, k] is sent 
10 to the spectrum correction unit 110 along with the noise 
spectrum estimation unit 126 and the Hn value calculation unit 
107 in the noise estimation unit 105. Here w denotes a band 
number . 

Then, the framed signal y frame [ j , k] are discriminated into 
15 the voice signal frames and noise frames in the noise estimation 
unit 105 so that noise like frames are identified. 
Simultaneously the estimated noise level value and the maximum 
SNR (Signal to Noise ratio) are sent to the NR calculation unit 
106. 

20 The RMS calculation unit 121 calculates the root mean 

square (RMS) of each signal component in each frame, and outputs 
the result as an RMS value RMS [k] . 

The relative energy calculation unit 122 calculates the 
relative energy of a k-th frame, which relates to the 

25 attenuation energy in connection with the former frame, and 



outputs the result. 

The maximum RMS calculation unit 123 obtains a maximum 
RMS value. The maximum RMS value is necessary for estimating 
an estimated noise level value described later and a so-called 
maximum SNR, which is a proportion of the signal level to the 
estimated noise level. The maximum RMS value is outputted as 
the maximum RMS value MaxRMS [k] . 

The estimated noise level calculation unit 124 selects 
the minimum RMS value among the RMS values of the last five frames 
of the current frame ( local minimum values ) , to output it as 
an estimated noise level value MinRMS [k] . The minimum RMS 
value is preferable to estimate the background noise or the 
background noise level . 

The maximum SNR calculation unit 125 calculates the 
maximum SNR MaxSNR [k] , on the basis of the maximum RMS value 
MaxRMS [k] and the estimated noise level value MinRMS [k] . 

The noise spectrum estimation unit 126 calculates a time 
averaged estimated value N [w, k] of the background noise 
spectrum, based on RMS value RMS [k] , the relative energy, the 
estimated noise level value MinRMS [k] and the maximum RMS value 
MaxRMS [k]. 

The NR value calculation unit 106 calculates the NR [w, 
k] , which is used in avoiding a sudden change of the filter 
response . 

The Hn value calculation unit 107 generates a filter Hn 
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[w, k] for removing the noise signal from the input signal, on 
the basis of the band divided input signal spectrum Y [w, k], 
the time averaged estimated value N [w, k] of the noise spectrum 
and the output NR [w, k] of the NR value calculation unit 106. 
5 The filter Hn [w, k] generated in this unit has a response 
characteristic that the noise suppression increases when the 
noise component is larger than the voice signal component, and 
decreases when the voice component is larger than the noise 
component . 

10 The filter processing unit 108 smoothes the value of the 

filter Hn [w, k] on the frequency base as well as on the time 
base. The smoothing on the frequency base is carried out by 
the median filtering processing. An AP smoothing is carried 
out on the time base only in voice signal sections and in noise 

15 sections, and the smoothing is not carried out for the signals 
in transient sections . 

The band conversion unit 109 carries out an interpolation 
processing of the value of the band divided filter, which is 
sent from the filter processing unit 108, so as to adapt it for 

20 inputting into the inverse Fast Fourier Transformation unit 111 . 
The spectrum correction unit 110 multiplies the output of the 
Fast Fourier Transformation unit 103 by the aforementioned 
interpolated value of the filter so that a spectrum correction 
processing, in other words, a noise component deduction 

25 processing, is carried out. The spectrum correction unit 110 
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outputs the noise remaining signal. 

The inverse Fast Fourier Transformation processing unit 
111 carries out the inverse Fast Fourier Transformation, on the 
basis of the noise deducted signal obtained in the spectrum 
5 correction unit 110 , and outputs the obtained signal as a signal 
IFFT. The overlap adding unit 112 carries out an overlap 
addition of the signal IFFT at the boundary portions of each 
of the frames- The obtained output voice signal is outputted 
P from the voice signal output terminal 114. 

yi io In the aforementioned noise reducing apparatus, the 

g;j filter removes the noise spectrum from the input spectrum, 

01 corresponding to the proportion of the estimated noise signal 

s to the input voice signal (estimated SNR) as well as the noise 

01 signal level. The spectral suppression processing is carried 

H 15 out, by controlling the filter characteristic, according to the 
u distribution of the voice signal and the noise signal. The 

distortion of the object signal is restricted to the minimum 
and a large suppression of the noises are secured. Although 
the aforementioned noise reducing apparatus has such an 
20 excellent characteristic. However, the conventional 

apparatus has following problems . 

Because the grounds of the control are the estimated noise 
signal level and the estimated SNR, the noise suppression can 
not be appropriately carried out when the estimation of the 
25 estimated noise signal level is not correct. In such a case. 



signals are excessively suppressed. 

In the control of a suppression amount using the estimated 
noise signal, the estimated noise signal is generated from the 
average spectrum of the past frames which were identified to 
5 be noise signal. Therefore, when the input voice signal level 
changes suddenly, for example, at the head portion of words in 
speech, a time-lag occurs in controlling the filter. As a 
result, one feels that head portion of words in speech is 
extinguished or hidden, or a strange sound is heard* 

10 

SUMMARY OF THE INVENTION 

It is an object of the present invention to solve the 
aforementioned problems, and to provide a noise suppression 
apparatus which can suppress noises agreeably in hearing, and 

15 assure that the quality does not deteriorate even in a noisy 
circumstance where the noise level is high. 

The noise suppression apparatus according to the present 
invention calculates a noise amplitude spectrum corresponding 
to the noise likeness of the input signal frame using the input 

20 amplitude spectrum of the frame. Then, calculates a noise 
amplitude spectrum correction gain and a noise removal spectrum 
correction gain from the already calculated noise amplitude 
spectrum, input amplitude spectrum and respective coefficients . 
Then, calculates a first noise removal spectrum by deducting 

25 the product of the noise amplitude spectrum and the noise 
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amplitude spectrum correction gain from the input amplitude 
spectrum. Then, calculates a second noise removal spectrum by 
multiplying the first noise removal spectrum by the noise 
removal spectrum correction gain. The second noise removal 
5 spectrum is converted into a time domain signal. Thus, it is 
possible to carry out a suitable spectrum reduction and spectrum 
amplitude suppression corresponding not only to the noise 
signal level but also to the input signal level are carried out, 
even at a section where the input sound signal suddenly changes, 

10 for example, at the head portion of words in speech, the 
impression of extinguishment or hiding of the head portion of 
the words in speech, due to an excessive spectrum reduction or 
suppression can be avoided . 

Other objects and features of this invention will become 

15 apparent from the following description with reference to the 
accompanying drawings . 



BRIEF DE SCRIP T TON OF THE DRAWINGS 

Fig. 1 is a block diagram showing the construction of the 
20 noise suppression apparatus according to the first embodiment 
of the present invention. 

Fig. 2 is a block diagram showing the construction of the 
noise suppression apparatus according to the second embodiment 
of the present invention. 
25 Fig. 3 is a block diagram showing the construction of the 

8 



noise suppression apparatus according to the third embodiment 
of the present invention. 

Fig. 4 is a block diagram showing the construction of the 
noise suppression apparatus according to the fourth embodiment 
5 of the present invention. 

Fig. 5 is a block diagram showing the construction of the 
noise suppression apparatus according to the sixth embodiment 
of the present invention. 
f-% Fig. 6 is a block diagram showing the construction of the 

m 10 noise suppression apparatus according to the seventh embodiment 
y;l of the present invention. 

01 Fig. 7 shows a graph of noise amplitude correction gain 

s limiting value as a function of all frequency band SNR. 

O 

01 Fig. 8 shows a graph of noise removal spectrum correction 

h k 15 gain limiting value as a function of the input signal power. 
O Fig. 9 shows a graph of the noise amplitude correction 

gain. 

Fig. 10 shows a graph of the noise removal spectrum 
correction gain. 

20 Fig. 11 shows a graph of the phone reception weighting 

value W a as a function of the noise amplitude spectrum correction 
gain . 

Fig. 12 shows a graph of the phone reception weighting 
value W p as a function of the noise removal spectrum correction 
25 gain. 
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Fig. 13 is a block diagram showing the construction of 
the noise suppression apparatus of the prior art. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 
5 A noise suppression apparatus according to a first 

embodiment of the present invention will be explained below, 
referring to the accompanied figures. 

Fig. 1 is a block diagram showing the construction of the 
=1 noise suppression apparatus according to the first embodiment 

i :5 = 

Si- 
jl 10 of the present invention. The apparatus comprises input signal 

n terminal 1, time /frequency conversion unit 2, noise likeness 

ft analyzing unit 3, noise amplitude spectrum calculation unit 4, 

spectrum correction gain limiting value calculation unit 5, 
11 correction gain calculation unit 6, spectrum deduction unit 7, 

s - 15 spectrum suppression unit 8, frequency/ time conversion unit 9 
-3 and an output signal terminal 10. 

In this first embodiment, the spectrum correction gain 
limiting value calculation unit 5 and the correction gain 
calculation unit 6 constitute the spectrum correction gain 
20 calculation unit. 

The principle of the function of the noise suppression 
apparatus of the present invention will be explained below with 
reference to Fig. 1. 

An input signal s [t] , which is sampled at a predetermined 
25 sampling frequency (for example, at 8 kHz) and divided into a 
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set of frames having a predetermined length (for example, 20 
ms) is input into the input signal terminal 1. The input signal 
s [t] can be a pure background noise, or it can be a mixture 
of a voice signal mixed with the background noise. 
5 The time/frequency conversion unit 2 transforms the input 

signal s [ t ] into an amplitude spectrum S [ f ] and a phase spectrum 
P [f], using a Fast Fourier Transformation, (for example, 256 
points FFT) . The method of FFT is well known, hence, the 
explanation of FFT is omitted, here. 

10 The noise likeness analyzing unit 3 comprises linear 

predictive analyzing unit 14, a low pass filter 11, an inverse 
filter 12, auto-correlation analyzing unit 13 and updating rate 
coefficient determining unit 15. 

At first, a filtering processing of the input signal is 

15 carried out in the low pass filter 11 to obtain a low pass 
filtered signal. The cut-off frequency of this filter is 2 kHz, 
for example. As a result of the low pass filtering processing, 
the influence of noises in the high frequency region is removed, 
which allows a stable analysis of the input signal. 

20 Then, the linear predictive analyzing unit 14 carries out 

a linear predictive analysis of the low pass filtered signal 
to obtain a set of linear predictive coefficients, for example, 
tenth order a parameters. The inverse filter 12 carries out 
an inverse filtering processing of the low pass filtered signal , 

25 using the set of linear predictive coefficients, to output a 
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low pass linear predictive residual signal (hereinafter called 
"low pass residual signal"). Subsequently, the auto- 
correlation analyzing unit 13 carries out the auto-correlation 
analysis of the low pass residual signal, to obtain a positive 
peak value RAC max . 

The updating rate coefficient determining unit 15 
calculates the noise likeness level N level , on the basis of, for 
example, the positive peak value RAC max , a power Rpow of low pass 
residual signal of the present frame and a power Fpow in all 
over the frequency region of the signal of the present frame 
sent from the input terminal 1. Thereafter the updating rate 
coefficient determining unit 15 calculates the noise amplitude 
spectrum updating rate coefficient r, on the basis of the 
obtained noise likeness level. 

The noise likeness N level is determined, on the basis of 
the values of a RAC max , Rpow and Fpow, according to the following 
rule. Where RAC th , R th and F th are, respectively, a threshold 
value of the maximum of the auto-correlation, a threshold value 
of the power of the low pass residual signal, and a threshold 
value of the power in all over the frequency region of the signal 
of the present frame. Each of them is a predetermined constant 
value . 

start : 

N ievei = 0 ' ' ' the noise likeness level is cleared to zero 
if (RAC max > RAC th ) N 

level N level + 2 



if (Rpow > Rpow th ) N level = N level + 1 

if (Fpow > Fpow th ) N level - N level + 1 

output N level ; ; ; the noise likeness level is outputted 
end : 

The noise amplitude spectrum updating rate coefficient 
r is given corresponding to the noise likeness level N level , as 
shown in Table 1 . Larger the value of r is # stronger the 
influence of the input amplitude spectrum of the present frame 
on an noise amplitude spectrum N [f ] is. The noise amplitude 
spectrum N [f ] is an average value of the noise spectrum in the 
past and is explained below. 



[Table 1] 



Noise likeness 
level 


Noise level 


Updating rate 
coefficient r 


0 


Noise level is high 


0.5 


1 


Noise level is high 


0.6 


2 


Noise level is high 


0.8 


3 


Noise level is high 


0. 95 


4 


Noise level is low 


0.999 



The noise amplitude spectrum calculation unit 4 updates 
the noise amplitude spectrum N [f], on the basis of the noise 
amplitude spectrum updating rate coefficient r, which is sent 
from the noise likeness analyzing unit 3, and the input 
amplitude spectrum S [f ] output the time /frequency conversion 
unit 2, according to equation (1). Where N old [f] and N new [f] 
denote, respectively, the noise amplitude spectrum before and 



after the updating. Hereinafter, the noise amplitude spectrum 
N [f ] designates the noise amplitude spectrum N new [f ] after the 
updating. 

N new [f]= (1-r) ■ N old [f] + r ■ S[f] --'(l) 
5 By the way, the initial value of the noise amplitude 

spectrum N [f ] is given, by setting the noise amplitude spectrum 
updating rate coefficient r in equation (1) to 1.0. 

The spectrum correction gain limiting value calculation 
unit 5 calculates a noise amplitude spectrum correction gain 
10 limiting value L a and a noise removing spectrum correction gain 
limiting value L p , on the basis of the input amplitude spectrum 
S [f ] sent from the time /frequency conversion unit 2 and the 
noise amplitude spectrum N [f ] sent from the noise amplitude 
spectrum calculation unit 4 . 
15 First, the power Ps (dB value) of the input amplitude 

spectrum S [f] is obtained, according to equation (2). 

Ps (dB) = 10 log 10 (2(S[f ] -S[f ])) ••• (2) 

Next, the power Pn (dB value) of the noise amplitude 
spectrum N [f ] is obtained, according to equation (3) . By the 
20 way, the value of Pn is limited in a region: Pn MIN ^ Pn ^ 0. 
Where Pn MIN designates a minimum value (dB value) of the power 
of the noise signal and is a predetermined value. The function 
MAX ( a , b ) in equation ( 3 ) is a function which selects and returns 
the larger one between its two arguments a and b. 
25 Pn (dB)=MAX(-10 log 10 ( X (N[f ] -N[f ] ) , Pn MIN ) (3) 



Subsequently, the SNR snr all , which is a proportion of the 
input signal to the noise signal in all over the frequency range 
of the present frame, is obtained, on the basis of the values 
Ps and Pn, according to equation (4). 
5 snr all (dB) = Ps + Pn (4) 

Then, the noise amplitude spectrum correction gain 
limiting value L a is determined and outputted according to 
equation (5) , on the basis of the all frequency range SNR snr all 
obtained with equation (4). The quantities and in 

10 equation (5) represent, respectively, the maximum value (dB) 
and the minimum value (dB) of the noise amplitude spectrum 
correction gains. Each of them is a predetermined constant 
value. And the quantities SNR X and SNR h are threshold values 
regarding the all frequency range SNR. Each of them is a 
15 predetermined constant . The quantity L a is a maximum value 
limiter, which determines the maximum deduction coefficient at 
the deduction of noise amplitude spectrum from the input 
amplitude spectrum, which is carried out in the after-mentioned 
spectrum deduction unit 7. Fig. 7 show a profile of L a in 
20 equation (5) with respect to snr all . 

'^ nr aii >~SNR h 

(5) 



(aiiK«*f W K« + (SNR h a MW + SNR^^ )/(SNR h - SNR,) 




;SNR h >snr all >= SNR, 
;SNR, >snr al , 

Subsequently, the difference dPs between the input signal 
power Ps and a threshold value Ps th is calculated according to 

15 



• 



equation (6). Where the quantity Ps th is a threshold value of 
the input signal power and is a predetermined constant value. 



dPs(dB) = Ps - Ps 



th 



(6) 



10 



After calculating the difference dPs between the input 
signal power and the threshold value, a limiting value L p of 
the noise removing spectrum correction gain (3 [f ] is determined 
and outputted, according to equation (7). The quantity L p is 
a maximum value limiter regarding the amplitude suppressing 
quantity- The amplitude suppressing is carried out in the 
after-mentioned spectrum suppression unit. Fig. 8 shows a 
profile of L p in equation (7) with respect to Ps . 




' L fi (dB) 



dPs<0 

sdPs > 0 and Pn - dPs > 0 
Pn^>d£s<0 



(7) 



15 
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ie correction gain calculation unit 6 calculates the 
noise spectrum correction gain a [f] and the noise removal 
spectrum Correction gain /3 [f ] , on the basis of the input 
amplitude spectrum S [f ] , noise amplitude spectrum N [f ] , noise 
amplitude spectrum correction gain limiting value L a and the 
noise removal \spectrum correction gain limiting value L p . 
Using a [f ] , the noise amplitude spectrum N [f ] can be corrected 
for each frequency component. And using the noise removal 
spectrum correction gain j3 [f], the after-mentioned first 
noise removal spectrum S s [t] is corrected for each frequency 
component . 
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First, SNR snr sp [f], which is a proportion of the input 
amplitude spectrum to the noise amplitude spectrum, is 
calculated for each frequency component, according to equation 
(8). Where the quantity fn is the Nyquist frequency. 



snr\f](dB) = 



20 log 10 (*[/]/*[/] ifs[f]>N[f] 

/-0, ,/„ (8) 

0 else 



A noise amplitude spectrum correction gain a [f] is 
calculated according to equation (9) , on the basis of SNR snr sp 
[f] for each frequency component obtained with equation (8), 
the minimum value Pn MIN of the noise power, the noise amplitude 
10 spectrum correction gain limiting value L a and a phone reception 
weighting value W a [f ] . Where the minimum value Pn MIN of the 
noise power is a predetermined constant value in (9) . And MIN 
(a, b) is a function, which returns the smaller one between its 
two arguments a and b. 
15 gain a = MIN(snr sp [f] • W a [f] + Pn, 0) 

a[f] = L a • {(Pn MIN + gain a )/Pn MIN } ••• (9) 

According to equation (9), when the value snr sp [f] 
increases, namely, when the SNR of each of the frequency 
components increases, the value of the gain a increases, as a 
20 result, also the noise amplitude spectrum correction gain a [f ] 
increases. Consequently, in the spectrum deduction unit 7, 
when a spectrum component has a large SNR, the deduction 
coefficient, which is a proportion of the deduction in the 
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reduction of noise spectrum from the input signal spectrum, 
increases. On the other hand, when a spectrum component has 
a small SNR, the corresponding deduction coefficient is small. 
Fig. 9 shows a profile of a [f ] with respect to snr sp [f ] . 

The value of the phone reception weighting value W a [f ] 
is predetermined according to its parameter, frequency f . And 
the valup of W a [f] increases, when the frequency increases. 
As a result of this weighting, the value of a [f ] decreases in 
the high \ frequency region. Consequently an excessive 
suppression^ in the high frequency region can be avoided so that 
a generatiomof a strange sound in the frequency region can be 
avoided. Fig\. 11 shows a profile of the W a [f ] . 

Subsequently, the noise removal spectrum correction gain 
P [f ] is calculated, on the basis of the input amplitude spectrum 
S [f], the noise amplitude spectrum N [f], a phone reception 
weighting value W p [f] and a noise removal correction gain 
limiting value L p , according to equation (10). The noise 
removal spectrum correction gain p [f ] is used in the correction 
of each amplitude of a second noise removal spectrum Sr [f ] . 

gain, =MIN(snr sp [f]-W p [f] + L p , 0) 

• • • ( 10 ) 

j3[/] = 10 { ^ /20) 

According to equation (10), when the value snr sp [f] 
increases, namely when the SNR increases, the value of gain p 
decreases, therefore, the noise removal spectrum correction 
gain p [f] increases, correspondingly. Consequently, when a 
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spectrum component has a large SNR, the amplitude of the noise 
removal spectrum, the output of the after-mentioned spectrum 
suppression unit 8, increases. On the other hand, when a 
spectrum component has a small SNR, the amplitude of the output 
5 is small. Fig. 10 shows a profile of (3 [f ] with respect to the 
value of snr sp [f]. 

The phone reception weighting value W p [f ] is, similar 
to the aforementioned W a [f], predetermined according to its 
parameter, frequency f . The value of W p [f] increases, when 
10 the frequency increases. As a result of this weighting, the 
value of (3 [f] decreases in the high frequency region. 
Consequently, excessive suppression in the high frequency 
region can be avoided so that a generation of a strange sound 
in the frequency region can be avoided. Fig. 12 shows a profile 

15 of the W p [f ] . 

The spectrum deduction unit 7 obtains a product of the 
noise amplitude spectrum N [f ] and the noise amplitude spectrum 
correction gain a [f], which is sent from the correction gain 
calculation unit 6. Then, the spectrum deduction unit 7 

20 subtracts the product from the input amplitude spectrum S [f ] 
to output the first noise removal spectrum S s [f], according 
to equation (11). When the obtained first noise removal 
spectrum S s [f] is negative, the spectrum deduction unit 7 
carries out a recovering procedure, namely the result is changed 

25 to zero or a predetermined low level noise n [f ] . As a result 
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of the multiplication of the noise spectrum by the correction 
gain a [f ] , it is possible to decrease the reduction by the noise 
spectrum component, when the SNR is small. And it is possible 
to increase the reduction by the noise spectrum component, when 
the SNR is large. Consequently, an excessive spectrum 
reduction at a small SNR can be suppressed. 

^ srnJ^^ X s[/] " a[/]#W] ... (id 

* L/J [0 n[f] els\ 

The spectrum suppression unit 8, according to equation 
(12) , multiplies the first noise removal spectrum S s [f ] by the 
noise removal spectrum correction gain (3 [f ] , which is sent from 
the correction gain calculation unit 6, to output a second noise 
removal spectrum S r [f ] . By multiplying the first noise removal 
spectrum S s [f ] by the noise removal spectrum correction gain 
P [f ] , it is possible to suppress the residual noise after the 
reduction of the spectrum in the spectrum deduction unit 7. 
Also a musical noise, which appears as a result of the spectrum 
deduction, can be suppressed. Moreover, the amplitude 
suppression at a small SNR is weakened, and the amplitude 
suppression at a high SNR can be enhanced. As a result, an 
excessive amplitude suppression at a small SNR can be avoided. 

S r [f ]- p [f ] • S s [f ] • • • (12) 

The frequency/ time conversion unit 9 carries out a 
procedure inverse to that in the time/frequency conversion unit 
2 . For example , it carries out an inverse Fast Fourier 



Transformation to obtain a time signal s r [t], on the basis of 
the second noise removal spectrum s r [f ] and the phase spectrum 
P [f], then superimposes the time signals at the boundary 
portions of the neighboring frames to output a noise suppressed 
signal from the output signal terminal 10. 

By multiplying the noise spectrum by the noise amplitude 
spectrum correction gain a [f ] , it is possible to decrease the 
reduction by the noise spectrum components when SNR is low, and 
to increase the reduction by the noise spectrum components when 
the SNR is high. Thus, an excessive spectrum reduction at low 
SNR can be avoided. Further, by multiplying the first noise 
removal spectrum by the noise removal spectrum correction gain 
P [f], it is possible to suppress the residual noise after the 
reduction of the spectrum as well as a musical noise, which 
appears as a result of the spectrum reduction. 

When the SNR is small, the amplitude suppression is 
weakened, on the other hand, when the SNR is large, the amplitude 
suppression can be enforced. Thus, an excessive amplitude 
suppression at low SNR can be avoided. Moreover, even when the 
level of the input sound signal suddenly changes, for example, 
at a head of words in speech, the spectrum reduction procedure 
and the spectrum amplitude suppression procedure are carried 
out, corresponding not only to the noise signal level but also 
to the input signal level. Therefore, an impression of the 
extinguishment or hiding of the head of words in speech as well 




as the impression of the spectrum change, which may be caused 
by an excessive spectrum reduction as well as an excessive 
suppression, can be avoided. Consequently, it is possible to 
suppress the noise in noise sections and to avoid an excessive 
5 suppression of spectrum in sound sections , simultaneously, thus, 
a suitable noise suppression can be attained. 

The noise suppression apparatus according to the second 
embodiment of the present invention is explained below, 
referring to Fig. 2. 

10 Fig. 2 is a block diagram showing the construction of the 

noise suppression apparatus according to the second embodiment . 
The construction of the apparatus differs from that shown in 
Fig. 1 in that the spectrum correction gain limiting value 
calculation unit 5 is removed, and newly a spectrum smoothing 

15 coefficient calculation unit 21 and a spectrum smoothing unit 
22 are added. The other elements are identical to that in the 
apparatus of the first embodiment. Therefore, their 
explanation are omitted. The principle of the function of the 
second embodiment is explained below with reference to Fig. 2. 

20 The spectrum smoothing coefficient calculation unit 21 

calculates a time base spectrum smoothing coefficient Yt ^ OJO 
smoothing the spectrum in the time base, and a frequency base 
spectrum smoothing coefficient Yf for smoothing the spectrum 
in a frequency base, corresponding to the level of the noise 

25 likeness of the input signal, which is outputted from the noise 



# 



likeness determining unit 3. 

The smoothing coefficient corresponding to the noise 
likeness can be calculated, for example, referring a table which 
gives a smoothing coefficient corresponding to a noise likeness . 
5 Table 2 is an example of such a table. Using such a table, it 
is possible to select smoothing coefficients y t , y f so as to 
enhance the smoothing in noise sections when the noise likeness 
is large. On the other hand, it is possible to select smoothing 
coefficients y t , y t so as to weaken the smoothing when the noise 
10 likeness is small, namely, in sound sections. 



[Table 2] 



Noise 

likeness 

level 


Noise level 


Smoothing 
coefficient Yt 


Smoothing 
coefficient Yf 


0 


Noise level 
is high 


0.5 


0.7 


1 


Noise level 
is high 


0.6 


0.8 


2 


Noise level 
is high 


0.7 


0.85 


3 


Noise level 
is high 


0.8 


0.9 


4 


Noise level 
is low 


0.9 


0.95 



The spectrum smoothing unit 22, according to equations 
15 (13) and (14), smoothes the input amplitude spectrum S [f] and 
the noise amplitude spectrum N [f ] in the time base as well as 
in the frequency base , using the time base smoothing coefficient 
Y t and the frequency base smoothing coefficient Yf and 



calculates a smoothed input amplitude spectrum S sm [f ] and a 
smoothed noise amplitude spectrum N sm [f ] . 

First, the input amplitude spectrum S [f ] and the noise 
amplitude spectrum N [f ] are smoothed in the time base to 
calculate a time smoothed input amplitude spectrum S t [f ] and 
a time smoothed noise amplitude spectrum N t [f], according to 
equation (13) . Here the S pre [f ] , N pre [f ] are the input amplitude 
spectrum and the noise amplitude spectrum in the last former 
frames. Where fn is the Nyquist frequency. 

S t [f] = y t • S[f] + (l-y t ) • S pre [f], f=0 fn 

N t [f] = y t • N[f] + (l-y t ) • N pre [f], f-0 fn ■••(13) 

Next, the time smoothed input amplitude spectrum S t [f ] 
and the time smoothed noise amplitude spectrum N t [f] are 
smoothed in the frequency base obtained using equation (13) 
according to the equation (14) to calculate a smoothed input 
amplitude spectrum S sm [f ] and a smoothed noise amplitude 
spectrum N sm [f]. They are outputted from the spectrum 
smoothing unit 22. 

s sm [f] = y f • S t [f] + (l-y f ) • S t [f-1], f=l fn 

N sm [f]=y f • N t [f] + (l-y f ) • N t [f-1], f=l fn ---(14) 

The correction gain calculation unit 6 calculates a noise 
amplitude spectrum gain a [f] and a noise removal spectrum 
correction gain p [f ] , in place of the input amplitude spectrum 
S [f ] and the noise amplitude spectrum N [f ] , using the smoothed 
input amplitude spectrum S sm [f ] and the smoothed noise amplitude 





spectrum N sm [f ] . 

First, a smoothed SNR snr sp . sm [f ] for each of the frequency 
components is obtained, using the smoothed input amplitude 
spectrum S sm [f ] and the smoothed noise amplitude spectrum N sm 
[f], according to equation (15). 



*nr„[f](dB)- 



201og 10 S,J/]/A^[/] if S sm [f]>N sm [f] 

f =0, ,/„ (15) 

0 else 



Then, a smoothed noise amplitude spectrum a sm [f ] and a 
smoothed noise removal spectrum correction gain P sm [f] are 
45 calculated, using the smoothed SNR snr sp _ sm [f], according to 

gl 10 equations (16) and (17). 

gain a = MIN(snr sp . sm [f ] • W a [f] + Pn, 0) 
jfj «sm[fl = "max * t(Pn MIN + gain a )/Pn MIN > ••• (16) 

t gain, =MIN(snr sp _ sm [f]*W p [f] + Pn(=f} MIN ), 0) 

lj • • • (17) 

a ^[/]=io ( ^ /20) 

In this second embodiment, the correction gain is 
15 obtained, using the smoothed SNR snr sm [f ] . Therefore, in noise 
sections, where the SNR (the ratio of input sound signal to the 
noise signal) is small, the variation of the spectrum correction 
gain can be strongly suppressed. On the other hand, in sound 
sections, where the SNR is large, the variation of the 
20 correction gain is not so strongly suppressed. 

The equations (16) and (17) differ from the equations (9) 
and (10) in the first embodiment. The former equations use 

25 
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neither the noise amplitude spectrum correction gain limiting 
value L a nor the noise removal spectrum correction gain limiting 
value L p . The quantity in equation (16) is the noise 

amplitude spectrum correction gain maximum value, and the 
5 quantity |3 min in equation (17) is the noise removal spectrum 
correction gain minimum value (P min = Pn) . Each of them is a 
predetermined constant value. 

In this second embodiment, the spectrum smoothing 
n coefficient is controlled, corresponding to the level of the 

10 noise likeness. Therefore, it is possible to select the 
smoothing coefficients so as to enhance the smoothness, when 
m the noise likeness is strong, to weaken the smoothness, when 

a " the noise likeness is small, namely, in sound sections, and to 

§*= enhance the smoothness, when the noise likeness is strong, 

hi 15 namely, in noise section. Thus, a further suitable control of 
p the spectrum correction gain is possible, and a suitable noise 

suppression can be attained. 

The feeling that the noise removal spectrum changed 
discontinuously can be weakened remarkably, when the 
20 preciseness of the spectrum correction gain is low, namely when 
the SNR is low, for example, due to high level noises. 

As another modification of the first embodiment, it is 
possible to introduce the spectrum smoothing procedure 
explained in the second embodiment into the first embodiment. 
25 Fig. 3 is a block diagram showing the construction of the third 
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embodiment . 

The spectrum smoothing unit 22 calculates the limiting 
values L a and L p , on the basis of the smoothed input amplitude 
spectrum S stn [f ] and the smoothed noise amplitude spectrum N sm 
[ f ] , according to a procedure explained in the second embodiment . 
The spectrum correction gain limiting value calculation unit 
5 calculates the noise amplitude spectrum correction gain 
limiting value L a and the noise removal spectrum correction gain 
limiting value L p , according to a procedure similar to that in 
the first embodiment. 

The correction gain calculation unit 6 calculates the 
noise amplitude spectrum correction gain a [f ] and the noise 
removal spectrum correction gain P [f ] , according to equations 
(9) and (10) as in the first embodiment. In the calculation 

of the gains a [f ] and p [f ] , the smoothed input amplitude 
spectrum S sm [f ] and the smoothed noise amplitude spectrum N sm 
[f], which are sent from the spectrum smoothing unit 22, along 
with the noise amplitude spectrum correction gain limiting 
value L a and the noise removal spectrum correction gain limiting 
value L p , which are sent from the spectrum correction gain 
limiting value calculation unit 5, are used. 

The other construction of the third embodiment are 
identical to those explained in the first and second embodiments . 
Therefore, their explanation is omitted. 

When this third embodiment is employed, a synergistic 



advantages of the first and second embodiments can be obtained, 
adding to the advantages of the first embodiment. As a result, 
further suitable noise suppression can be attained. 

The spectrum smoothing coefficient corresponding to the 
state of the input sound can be calculated, for example, on the 
basis of the SNR of the present frame. Fig. 4 is a block diagram 
showing the construction of the fourth embodiment . 

First, the spectrum smoothing coefficient calculation 
unit 21 obtains the SNR SNR fr of the input signal in the present 
frame, according to equation (18). 

SNR & (dB)=10log lQ ^t/]* 5 ^ ( 18) 

Next , a temporal coefficient y/ of the time base spectrum 
smoothing coefficient and a temporal coefficient o f the 

frequency base spectrum smoothing coefficient are obtained, on 
the basis of the SNR SNR fr of the frame, according to equation 
(19) . The time base spectrum smoothing coefficient is used for 
smoothing in the time base, and the frequency base spectrum 
smoothing coefficient is used for smoothing in the frequency 
base . 



y, = 



0.9 if SNR fr > SNRth fr 

0.5 else 



f0.9 if SNR, > SNRth, 

Y f '=\ J fr fr ... (19) 

f [0.5 else 
Then, according to equation (20), AR smoothing of the 
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temporal smoothing coefficients y t and y f are carried out, 
using the smoothing coefficients y{old) t and Y(°lcL)f of the 
former frame, to output the time base spectrum smoothing 
coefficient y t and the frequency base spectrum smoothing 
coefficient Yf 

Y t = 0.8 • Yt' +0.2 • Y(old) t 

Y f = 0.8 • Yf' + 0.2 *Y (old) f ••• (20) 

In this fourth embodiment , the input amplitude spectrum 
and the noise amplitude spectrum are smoothed, using a spectrum 
smoothing coefficients, which correspond to the SNR of the input 
signal . On the basis of these quantities , a spectrum correction 
gain is calculated. And the noise suppression processing is 
carried out, using the spectrum correction gain. Therefore, 
the variation of the spectrum correction gain can be controlled, 
corresponding to the SNR of the input signal. Thus, according 
to this fourth embodiment, it is possible to weaken the strange 
feeling that the noise removal spectrum in the time base or in 
the frequency base changed discontinuously , even in noise 
sections, for example, where the SNR is low. Namely, it is 
possible to suppress the generation of a strange sound in the 
output sound so that a suitable suppression of noise can be 
attained. 

As another modification of the first embodiment, it is 
possible to divide the input amplitude spectrum into a plurality 
of bands, instead of classifying the input amplitude spectrum 



according to frequency components. The noise amplitude 
spectrum correction gain as well as the noise removal spectrum 
correction gain are calculated, on the basis of the mean 
spectrum of each band. And the spectrums can be corrected, 
using these gains. 

In this fifth embodiment, the spectrum band dividing unit 
precedes the spectrum correction gain limiting value 
calculation unit 5 . This spectrum band dividing unit divides 
the input amplitude spectrum, which is sent from the 
time/frequency conversion unit 2, into a plurality of frequency 
bands and calculates the mean spectrum of each of the frequency 
bands. Simultaneously, the spectrum band dividing unit 
divides the noise amplitude spectrum, which is sent from the 
noise amplitude spectrum calculation unit 4, into a plurality 
of frequency bands and calculates the average spectrum of each 
of the frequency bands . 

The spectrum band dividing unit divides the input 
amplitude spectrum into, for example, 16 channels (hereinafter 
abbreviated to ch) , and calculates the average spectrum S ave [ch] 
of the input signal of each of the frequency channels and the 
average spectrum N ave [ch] of the noise signal of each of the 
frequency channels, according to equation (21). n ch is the 
number of spectrum component in channel ch. 
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S ave [ch]--LS[f]/n eh 

n "' (21) 

N m , e [ch] = "£N[f]/n ch 

Next, the spectrum correction gain limiting value 
calculation unit 5 calculates an input signal power Ps ave and 
a noise signal power Pn ave , on the basis of the average spectrum 
5 S ave [ch] and N ave [ch] obtained using equation (21), and obtains 
a total SNR snr all _ ave , according to equation (22). Pn MIN is a 
minimum noise power and a predetermined constant. 

•-1% 

m Ps ave (dB)=10 log 10 (2 S ave [ch] • S ave [ch]) 

55 Pn ave (dB)=MAX(-10 log 10 (5; N ave [ch] • N ave [ch] , Pn MIN ) 

01 10 snr aU . ave =Ps ave + Pn ave ••• (22) 

3 Subsequently, the noise amplitude spectrum correction 

01 gain limiting value L a and the noise removal spectrum correction 

gain limiting value L p are calculated, on the basis of the 
□ obtained input signal power Ps ave and the noise signal power Pn ave , 

15 in place of the Ps and Pn in the first embodiment. 

The correction gain calculation unit 6 calculates the SNR 
snr sp [ch] of each channel, according equation (23), then 
calculates the noise amplitude correction gain a [ch] and the 
noise removal spectrum correction gain P [ch] of each channel, 
20 on the basis of the SNR snr sp [ch] . Here Nch is the total number 
of the channels . 

r i.vwm \ 20 ^g u XS ave [ch]/N ave [ch]) if S m [ch] > N m [ch] ch-o,...,N CH 
snr sp [ch](dB)^ Q ^ 
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••• (23) 

The correction gains are inputted to the spectrum 
deduction unit 7 and the spectrum suppression unit 8. A value 
corresponding to each of the spectrum component is selected in 
5 the unit 7 and 8, respectively. Then the spectrum reduction 
procedure and the spectrum amplitude suppression procedure are 
carried out, respectively. 

When this fifth embodiment is employed, adding to the 
advantages of the first embodiment of the present invention, 
10 one can obtain advantages to reduce the amount of the 
calculation for the spectrum correction gain as well as to 
reduce the memory space for storing the spectrum correction 
gain. 

As another modification of the fourth embodiment, the 
15 input amplitude spectrum can be divided not corresponding to 
the frequency component but into a plurality of band region, 
and to calculate the spectrum smoothing coefficient on the basis 
of the average spectrum of each of the band regions. Fig. 5 
is a block diagram showing the construction of the sixth 
20 embodiment. 

In Fig. 5, reference numeral 23 denotes a spectrum band 
dividing unit. The spectrum band dividing unit 23 divides the 
input amplitude spectrum, which is sent from the time/ frequency 
conversion unit 2, into a plurality of frequency bands, and 
25 calculates the average spectrum of each of the frequency bands. 
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The spectrum band dividing unit 23 divides also the noise 
amplitude spectrum, which is sent from the noise amplitude 
spectrum calculation unit 4 , into a plurality of frequency bands , 
and calculates the average spectrum of each of the frequency 
5 bands . 

The spectrum band region dividing unit 23 divides the 
input amplitude spectrum, into 16 bands, for example, and 
calculates the average spectrum S ave [ch] of the input signal 
and the average spectrum N ave [ch] of the noise signal in each 

10 of the band channel (called channel ch) , according to the 
procedure similar to equation (21). 

Subsequently, the spectrum smoothing coefficient 
calculation unit 21 calculates the SNR SNR fr _ ave of the present 
frame, on the basis of the average spectrum S ave [ch] of the input 

15 signal and the average spectrum N ave [ch] of the noise signal, 
according to (24). 

SNR, (dB)- 10 log l0 a -^^ avel J ••• (24) 

Then the spectrum smoothing coefficient calculation unit 
21 calculates and outputs the time base spectrum smoothing 
20 coefficient y t and the frequency base spectrum smoothing 
coefficient y f . on the basis of the SNR SNR fr _ ave calculated using 
the average spectrum, in place of the SNR SNR fr . The calculation 
is carried out, according to equations (14) and (15) in the 
second embodiment. 
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The spectrum smoothing unit 22 smoothes the average 
spectrum S ave [ch] of the input signal and the average spectrum 
N ave [ch] of the noise signal in either of the time base and the 
frequency base, then calculates an average spectrum S sm _ ave [ch] 
5 of the input signal and a smoothed noise average spectrum N sm . ave 
[ch] , according to equations (25) and (26) . This procedure is 
carried out, on the basis of the time base smoothing coefficient 
y t and the frequency base smoothing coefficient y £ , which are 
obtained from the average spectrum. 

10 First, the average spectrum S ave [ch] of the input signal 

and the average spectrum N ave [ch] of the noise signal are 
smoothed in the time base, and an average spectrum S t . ave [ch] 
of the time smoothed input signal and an average spectrum N t _ ave 
[ch] of the time smoothed noise signal are obtained, according 

15 to equation (25). S pre . ave [ch] and N pre . ave [ch] in equation (25) 
are, respectively, the average spectrum of the input signal and 
the average spectrum of the noise signal in the former frame. 
Here, Nch is the maximum number of the channels. 
S t _ ave [ch]-Yt * S ave [ch] + (1-Yt> ' S pre . ave [ch] , ch=0 N ch 

20 N t . ave [ch]=y t • N ave [ch] + (1-Yt) ' N pre _ ave [ch] , ch=0 N ch 

(25) 

Subsequently, the average spectrum S t . ave [ch] of the time 
smoothed input signal and the average spectrum N t . ave [ch] of the 
time smoothed noise signal obtained according to equation (25) 
25 are smoothed in the frequency base, to obtain a smoothed input 
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amplitude spectrum S sm . ave [ch] and a smoothed noise amplitude 
spectrum N sm _ ave [ch] , which are outputs of the spectrum smoothing 
unit, according to equation (26). 

S sm . ave [ch]=Y f ■ S t . ave [ch] + (1-Y f ) * S t _ ave [ch-1] , ch=0 N ch 

N sm - ave [ch]=Yf * N t . ave [ch] + (1-Yf) * N t . ave [ch-1] , ch=0 N ch 

(26) 

The correction gain calculation unit 6 calculates the 
noise amplitude spectrum correction gain a [ch] and the noise 
removal spectrum correction gain (3 [ch] for each of the channels , 
on the basis of average spectrum S sm _ ave [ch] of the smoothed input 
amplitude spectrum and the average spectrum N sm _ ave [ch] of the 
smoothed noise amplitude spectrum in place of the smoothed input 
amplitude spectrum S sm [f ] and the smoothed noise amplitude 
spectrum N sm [ f ] . 

First, a smoothed SNR Snr sm . ave [f ] for each of the channels 
is obtained, on the basis of the average spectrum S sm _ ave [ch] 
of the smoothed input amplitude spectrum and the average 
spectrum N sm _ ave [ch] of the smoothed noise amplitude spectrum, 
according to equation (27). 

ri.v^ P0log 10 (S sm _ ave [ch)/N sm _ ave [ch) if S„ e [ch)>N„ e [ch) 
snr ch . sm [ch](dB) = ^ ^ (27) 

Then, a smoothed noise amplitude spectrum correction gain 
a sm [ch] and a smoothed noise removal spectrum correction gain 
p sm [ch] are calculated, on the basis of the smoothed SNR Snr ch . sm 
[ch], according to equations (28) and (29). 
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gain„= MIN(snr ch . sm [ch] • W n [ch] + Pn, 0) 

o. sm [ch]= cw • {(Pn M1N + gain„ )/Pn MIN } ••• (28) 

gain,, = MIN(snr ch _ sm [ch] • W p [ch] + Pn(= fi MIN , 0) 

^„[c/ l ] = 10 (fiU ^ /20) ••• (29) 

5 Finally, the spectrum reduction procedure and the 

spectrum suppression procedure are carried out, on the basis 
of the obtained smoothed noise amplitude spectrum correction 
gain ct sm [ch] and the smoothed noise removal spectrum correction 
P gain p sm [ch] . 

il? 10 When this sixth embodiment is employed, one can obtain 

Jf* advantages in that it is possible to reduce the amount of the 

m calculation for the spectrum smoothing coefficients and for 

s smoothing the spectra as well as to reduce the memory space for 

pi storing the spectrum smoothing coefficient, adding to the 

f*^ 15 advantages of the second embodiment of the present invention. 
O As another modification of the third embodiment, a 

combination of the fifth and sixth embodiments is possible . Fig . 

6 is a block diagram showing the construction of the seventh 

embodiment . 

20 The spectrum band dividing unit 23 divides the input 

amplitude spectrum into a plurality of frequency bands and 
calculates the average spectrum for each frequency bands. 
Further, the spectrum band dividing unit 23 divides the noise 
amplitude spectrum into a plurality of frequency bands and 

25 calculates the average spectrum for each frequency bands, in 
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the same manner as in the sixth embodiment. 

The spectrum smoothing unit 2 2 smoothes the average 
spectrum S ave [ch] for each frequency band of the input signal 
and the average spectrum N ave [ch] for each frequency band of 
5 the noise signal* The smoothing is carried out in the time base 
and in the frequency base, using the time smoothing coefficient 
Y t and the frequency smoothing coefficient y f , which are obtained 
in the spectrum smoothing coefficient calculation unit 21 so 
that a smoothed input average spectrum S sm . ave [ch] and a smoothed 

10 noise average spectrum N sm . ave [ch] are calculated. 

Then the spectrum correction gain limiting value 
calculation unit 5 calculates the input signal power Ps ave and 
the noise signal power Pn ave , on the basis of the smoothed input 
average spectrum S sm _ ave [ch] and the smoothed noise average 

15 spectrum N gm . ave [ch], according to equation (22) so as to 
calculate an all frequency range SNR snr all . ave . Pn MIN in equation 
(22) is a minimum noise power and is a predetermined constant. 

Subsequently, the noise amplitude spectrum correction 
gain limiting value L a and the noise removal spectrum correction 

20 gain limiting value L p are calculated, on the basis of the 
obtained input signal power Ps ave and the noise signal power Pn ave 
in place of the Ps and Pn in the first embodiment. 

The correction gain calculation unit 6 obtains the SNR 
snr sp [ch] for each channel, according to equation (23), then 

25 calculates the noise amplitude spectrum correction gain a [ch] 



and noise removal spectrum correction gain p [ch] , using the 
obtained SNR Snr sp [ch] . N ch in equation (23) is the total number 
of the channels . 

The other construction of this embodiment is identical 
to those explained in connection with the fifth and sixth 
embodiment. Thus its explanation is omitted here. 

When this seventh embodiment is employed, one can obtain 
advantages in that it is possible to reduce the amount of the 
calculations for the spectrum correction gain, the spectrum 
smoothing coefficient and smoothing of the spectrum as well as 
to reduce the memory space for storing the spectrum correction 
gain and the spectrum smoothing coefficient, adding to the 
advantages of the third embodiment of the present invention. 

As explained above, in the* noise suppression apparatus 
according to one aspect of the present invention, following 
procedures is carried out . That is , corresponding to the noise 
likeness of the input signal frame, the noise amplitude spectrum 
is calculated using the input amplitude spectrum of the frame, 
then the noise amplitude spectrum correction gain and the noise 
removal spectrum correction gain are calculated on the basis 
of the noise amplitude spectrum, an input amplitude spectrum 
and respective coefficients; the first noise removal spectrum 
is calculated by deducting the product of the noise amplitude 
spectrum and the noise amplitude spectrum correction gain from 
the input amplitude spectrum; the second noise removal spectrum 
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is calculated by multiplying the first noise removal spectrum 
by the noise removal spectrum correction gain, which is sent 
from the correction gain calculation unit; and the second noise 
removal spectrum is transformed into a time domain signal. 
5 Because a suitable spectrum reduction and spectrum amplitude 
suppression corresponding not only to the noise signal level 
but also to the input signal level are carried out, even at a 
section where the input sound signal suddenly changes, for 
example, at the head portion of words in speech. The impression 

10 of extinguishment or hiding of the head portion of the words 
in speech, due to an excessive spectrum reduction or suppression 
can be avoided. It is possible to enhance the noise suppression 
in sound sections, avoiding an excessive spectrum suppression 
in sound sections. Thus, a suitable noise suppression can be 

15 attained. 

Further, because the noise removal spectrum correction 
gain is multiplied by the first noise removal spectrum, so- 
called residual noises, which may be caused by the residual 
noise, which is the residual portion of the spectrum after the 
20 spectrum reduction and so-called musical noises, which may be 
caused by the spectrum reduction, can be suppressed. 

Further, a spectrum smoothing coefficient control 
corresponding to the noise likeness is attained, by carrying 
out the following procedures . That is , smoothing of the input 
25 amplitude spectrum and the noise amplitude spectrum in the time 
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base and the frequency base, on the basis of the input amplitude 
spectrum and the noise amplitude spectrum, corresponding to the 
state of the input signal; the calculation of the smoothed input 
amplitude spectrum and the smoothed noise amplitude spectrum; 
and the calculation of the noise amplitude spectrum correction 
gain and the noise removal spectrum correction gain, on the 
basis of the smoothed input amplitude spectrum and the smoothed 
noise amplitude spectrum. The spectrum smoothing coefficient 
is controlled, corresponding to the level of the noise likeness . 
As a result, it is possible to weaken the smoothness at sections 
where the noise likeness is small, i.e., at a sound section, 
and on the contrary , to enhance the smoothness at sections where 
the noise likeness is large. Thus a further suitable control 
of the spectrum correction gain, which allows further suitable 
noise suppres s ion . 

The noise suppression apparatus further comprises a 
spectrum band dividing unit for dividing the input amplitude 
spectrum into a plurality of the frequency bands to output an 
average spectrum for each of the frequency bands, and for 
dividing the noise amplitude spectrum into a plurality of the 
frequency bands to output an average spectrum for each of the 
frequency bands , the average spectra are used in calculations 
of the smoothing coefficients and the smoothed spectrums . As 
a result, the impression of extinguishment or hiding of the head 
portion of the words in speech, due to an excessive spectrum 



reduction or suppression can be avoided. It is possible to 
enhance the noise suppression in sound sections , simultaneously 
avoiding an excessive spectrum suppression in sound sections. 
Thus, a suitable noise suppression can be attained. The 
spectrum smoothing coefficient is controlled, corresponding to 
the level of the noise likeness. As a result, it is possible 
to weaken the smoothness at sections where the noise likeness 
is small, i.e., at a sound section, and on the contrary, to 
enhance the smoothness at sections where the noise likeness is 
large. Thus a further suitable control of the spectrum 
correction gain, which allows further suitable noise 
suppression . 

Further, the input amplitude spectrum and the noise 
amplitude spectrum are smoothed, on the basis of the spectrum 
smoothing coefficients corresponding to the state of the input 
signal, and the noise suppression processing is carried out, 
on the basis of the spectrum correction gain, which is 
calculated from the smoothed input amplitude spectrum and the 
noise amplitude spectrum. Thus, the variation of the spectrum 
correction gain can be controlled, corresponding to the state 
of the input signal. For example, even when the SNR is low, 
i.e., in noise sections, etc, the impression of the 
discontinuity in the noise removal spectrum in the time base 
and the frequency base can be reduced, and the generation of 
strange sound in such sections can be avoided, namely a stable 




noise suppression can be attained. 

Further, the following procedure is carried out. That 
is , smoothing of the input amplitude spectrum and the noise 
amplitude spectrum, on the basis of the smoothing coefficients 
of the input amplitude spectrum and the noise amplitude spectrum, 
corresponding to the state of the input signal; calculations 
of the smoothed input amplitude spectrum and the smoothed noise 
amplitude spectrum; and calculations of the noise amplitude 
spectrum correction gain and the noise removal spectrum 
correction gain, on the basis of the smoothed input amplitude 
spectrum, smoothed noise amplitude spectrum and the spectrum 
correction gain limiting value. As a result, adding the 
advantages that the impression of extinguishment or hiding of 
the head portion of the words in speech, due to an excessive 
spectrum reduction or suppression, can be avoided, and that it 
is possible to enhance the noise suppression in noise sections, 
simultaneously avoiding an excessive spectrum suppression in 
sound sections so that a suitable noise suppression can be 
attained, another advantages are obtained in that it is possible 
to reduce the amount of the calculations for the spectrum 
correction gain and to reduce the memory space for storing the 
spectrum correction gain. 

Further, the following procedure is carried out. That 
is, the input amplitude spectrum is divided into a plurality 
of frequency bands and the average spectrum is calculated; the 




noise amplitude spectrum is divided into a plurality of 
frequency bands and the average spectrum is calculated; the 
smoothing coefficients of the input amplitude spectrum and the 
noise amplitude spectrum are calculated for each frequency 
5 band; and the smoothed input amplitude spectrum and the smoothed 
noise amplitude spectrum are calculated, on the basis of the 
input amplitude average spectrum of each frequency band and the 
noise amplitude average spectrum of each frequency band. Thus , 
the spectrum smoothing coefficient is controlled, 

10 corresponding to the level of the noise likeness. As a result, 
it is possible to weaken the smoothness at sections where the 
noise likeness is small, i.e., at sound sections, and on the 
contrary, to enhance the smoothness at sections where the noise 
likeness is large, i.e., in noise sections. Thus a further 

15 suitable control of the spectrum correction gain, which allows 
further suitable noise suppression. Further, another 
advantages are obtained in that it is possible to reduce the 
amount of the calculations for the spectrum correction gain and 
for smoothing the spectrum, and to reduce the memory space for 

20 storing the spectrum correction gain. 

Further, the spectrum smoothing coefficient calculation 
unit, the spectrum smoothing unit, the spectrum correction gain 
limiting value calculation unit and the correction gain 
calculation unit do not use the input amplitude spectrum nor 

25 the noise amplitude spectrum, but use average spectra which are 



obtained, respectively, by dividing the input amplitude 
spectrum and the noise amplitude spectrum into a plurality of 
frequency bands and by calculating their average spectra. As 
a result, the impression of extinguishment or hiding of the head 
5 portion of the words in speech, due to an excessive spectrum 
reduction or suppression, can be avoided, and it is possible 
to enhance the noise suppression in noise sections, and avoiding 
an excessive spectrum suppression in sound sections so that a 
suitable noise suppression can be attained. The spectrum 

10 smoothing coefficient is controlled, corresponding to the level 
of the noise likeness. As a result, it is possible to weaken 
the smoothness at sections where the noise likeness is small, 
i.e., at sound sections, and on the contrary, to enhance the 
smoothness at sections where the noise likeness is large, i.e. , 

15 in noise sections . Thus a further suitable control of the 
spectrum correction gain, which allows further suitable noise 
suppression, can be attained. Further, another advantages are 
obtained in that it is possible to reduce the amount of the 
calculations for calculating the spectrum correction gain, for 

20 calculating the spectrum smoothing coefficients and for 
smoothing the spectrum, as well as to reduce the memory space 
for storing the spectrum correction gain and the spectrum 
smoothing coefficients . 

Although the invention has been described with respect 

25 to a specific embodiment for a complete and clear disclosure, 
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the appended claims are not to be thus limited but are to be 
construed as embodying all modifications and alternative 
constructions that may occur to one skilled in the art which 
fairly fall within the basic teaching herein set forth. 
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